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Description 

BACKGROUND OF THE INVENTION 

1 . Field of the Invention 

The present invention relates to a system for 
speech coding and an apparatus for the same, more 
particularly relates to a system for high quality speech 
coding and an apparatus for the same using vector 
quantization for data compression of speech signals. 

2. Description of the Related Art 

In recent years, use has been made of vector 
quantization for maintaining the quality and com- 
pressing the data of speech signals in intra company 
communication systems, digital mobile radio sys- 
tems, etc. The vector quantization system is a well 
known one in which predictive filtering is applied to 
the signal vectors of a code book to prepare repro- 
duced signals and the error powers between the re- 
produced signals and an input speech signal are eval- 
uated to determine the index of the signal vector with 
the smallest error. There is rising demand, however, 
for a more advanced method of vector quantization so 
as to further compress the speech data. 

Figure 1 shows an example of a system for high 
quality speech coding using vector quantization. This 
system is known as the code excited LPC (CELP) sys- 
tem. In this, a code book 10 is preset with 2 m patterns 
of residual signal vectors produced using N samples 
of white noise signal which corresponds to N dimen- 
sional vector (in this case, shape vectors showing the 
phase, hereinafter referred to simply as vectors). The 
vectors are normalized so that the power of N sam- 
ples (N being, for example 40) becomes a fixed value. 

Vectors read out from the code book 10 by the 
command of the evaluating circuit 16 are given a gain 
by a multiplier unit 11, then converted to reproduced 
signals through two adaptive prediction units, i.e., a 
pitch prediction unit 12 which eliminates the long term 
correlation of the speech signals and a linear predic- 
tion unit 13 which eliminates the short term correla- 
tion of the same. 

The reproduced signals are compared with digital 
speech signals of the N samples input from a terminal 
15 in a subtracter 14 and the errors are evaluated by 
the evaluating circuit 16. 

The evaluating circuit 1 6 selects the vector of the 
code book 10 giving the smallest power of the error 
and determines the gain of the multiplier unit 11 and 
a pitch prediction coefficient of the pitch prediction 
unit 12. 

Further, as shown in Fig. 2, the linear prediction 
unit 13 uses the linear prediction coefficient found 
from the current frame sample values by a linear pre- 
diction analysis unit 18 in a linear difference equation 



as filter tap coefficients. The pitch prediction unit 12 
uses the pitch prediction coefficient and pitch fre- 
quency of the input speech signal found by a pitch pre- 
diction analysis unit 31 through a reverse linear pre- 

5 diction filter 30 as filter parameters. 

The index of the optimum vector in the code book 
10, the gain of the multiplier unit 11, and the parame- 
ters for constituting the prediction units (pitch fre- 
quency, pitch prediction coefficient, and linear predic- 

10 tion coefficient) are multiplexed by a multiplexer cir- 
cuit 1 7 and become coded information. 

The pitch period of the pitch prediction unit 12, is, 
for example, 40 to 167 samples, and each of the pos- 
sible pitch periods is evaluated and the optimum per- 

15 iod and the optimum period is chosen. Further, the 
transmission function of the linear prediction unit 13 
is determined by linear predictive coding (LPC) ana- 
lysis of the input speech signal. Finally, the evaluating 
circuit 16 searches through the code book 10 and de- 

20 termines the index giving the smallest error power be- 
tween the input speech signal and residual signal. 
The index of the code book 1 0 which is determined, 
that is, the phase of the residual vector, the gain of the 
multiplier unit 11, that is, the amplitude of the residual 

25 vector, the frequency and coefficient of the pitch pre- 
diction unit 12, and the coefficients of the linear pre- 
diction unit 13 are transmitted multiplexed by the mul- 
tiplexer circuit 17. 

On the decoder side, a vector is read out from a 

30 code book 20 having the same construction as the 
code book 10, in accordance with the index, gain, and 
prediction unit parameters obtained by demultiplex- 
ing by the demultiplexer circuit 1 9 and is given a gain 
by a multiplier unit 21 , then a reproduced speech sig- 

35 nal is obtained by prediction by the prediction units 22 
and 23. 

In such a CELP system, as the means for produc- 
ing the speech signal, use is made of the code book 
10 comprised of white noise and the pitch prediction 

40 unit 12 for giving periodicity at the pitch frequencies, 
but the decision on the phase of the code book 10, the 
gain (amplitude) of the multiplier unit 11, and the pitch 
frequency (phase) and pitch prediction coefficient 
(amplitude) of the prediction unit 12 is made equiva- 

45 lently as shown in Fig. 3. 

That is, the processing for reproducing the vector 
of the code book 10 by the pitch prediction unit and 
linear prediction units for identification of the input 
signal, considered in terms of the vectors, may be 

so considered processing for the identification, by sub- 
traction and evaluation by a sub tractor 50, of a target 
vector X obtained by removing from the input signal 
S of one frame input from a terminal 40, by a subtrac- 
ter 41, the effects of the previous frame S 0 stored in 

55 a previous frame storage 42, with a vector X' obtained 
by adding by an adder 49 a code vector gC obtained 
by applying linear prediction to a vector selected from 
a code book 10 by a linear prediction unit 44 (corre- 
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sponding to the linear prediction unit 13 of Fig. 1) and 
giving a gain g to the resultant vector C by a multiplier 
unit 45 and a pitch prediction vector bP obtained by 
applying linear prediction by a linear prediction unit 47 
to a residual signal of the previous frame given a de- 5 
lay corresponding to a pitch frequency from a pitch 
frequency delay unit 46 (corresponding to the pitch 
frequency analyzed by the pitch prediction analysis 
unit 31 of Fig. 1) and giving a gain b (corresponding 
to the pitch prediction coefficient analyzed by the 10 
pitch prediction unit 31 of Fig. 1) to the resultant vector 
P. 

When the phase C of the code vector and the 
phase P of the pitch prediction vector are given, the 
amplitude g of the code vector and the amplitude b of 15 
the pitch prediction vector which, as shown in Fig. 4, 
satisfy the condition that the value of the error power 
I E I 2 partially differentiated by b and g by the follow- 
ing equation (1) is 0 so as to give the minimum error 
signal power, that is, satisfy 20 

a|E|2/5b = 0, d|E|2/dg = 0 
may be found from the following equations (2) and (3) 
for all combinations of the phases (C ? P) of the two 
vectors and thereby the set of the most optimal am- 
plitudes and phases (g, b, C, P) sought 25 
|E|2 = |X - bP -gC|2 (1) 
b = ((C,C)(X,P) - (C,P)(X,C))/A (2) 
g = «P,P)(X,C) - (C,P)(X,P)}/A (3) 
where, 

A = (P,P)(C,C) - (C,P)(C,P)} 30 
and (,) indicates the scalar product of the vec- 
tor. 

Here, speech signals include voiced speech 
sounds and unvoiced speech sounds which are char- 
acterized in that the respective drive source signals 35 
sound sources) are periodic pulses or white noise with 
no periodicity. 

In the CELP system, explained above as a con- 
ventional system, pitch prediction and linear predic- 
tion were applied to the vectors of the code book com- 40 
prised of white noise as a sound source and the pitch 
periodicity of the voiced speech sounds was created 
by the pitch prediction unit 12. 

Therefore, while the characteristics were good 
when the sound source signal was a white noise-like 45 
unvoiced speech sound, the pitch periodicity gener- 
ated by the pitch prediction unit was created by giving 
a delay to the past sound source series by pitch pre- 
diction analysis, and the past sound source series 
was series of white noise originally obtained by read- so 
ing code vectors from a code book, therefore, it was 
difficult to create a pulse series corresponding to the 
sound source of a voiced speech sound. This was a 
problem in that in the transitional state from an un- 
voiced speech sound to a voiced speech sound, the 55 
effect of this was large and high frequency noise was 
included in the reproduced speech, resulting in a de- 
terioration of the quality. Promising but incomplete 



solutions to this problem can be found in ICASSP'89, 
1989 INTERNATIONAL CONFERENCE ON ACOUS- 
TICS, SPEECH, AND SIGNAL PROCESSING, Glas- 
gow, 23rd - 26th May 1989, vol. 1 , pages 53-56, IEEE, 
New York, US; A. BERGSTROM et al.: "Code-book 
driven glottal pulse analysis", and ICASSP'88, 1988 
INTERNATIONAL CONFERENCE ON ACOUSTICS, 
SPEECH, AND SIGNAL PROCESSING, New York, 
New York City, 11th - 14th April 1988, pages 151-154, 
IEEE, New York, US; P. KROON et al.: "Strategies for 
improving the performance of CELP coders at low bit 
rates. 

SUMMARY OF THE INVENTION 

Therefore, the present invention as defined in the 
appended independent claims has as its object, in a 
CELP type speech coding system and apparatus 
wherein a gain is given to a code vector obtained by 
applying linear prediction to white noise of a code 
book and a pitch prediction vector obtained by apply- 
ing linear prediction to a residual signal of a preceding 
frame given a delay corresponding to the pitch fre- 
quency, a reproduced signal is generated from the 
same, and the reproduced signal is used to identify 
the input speech signal, the creation of a pulse series 
corresponding to the sound source of a voiced 
speech sound and the accurate identification and 
coding for even a pulse-like sound source of a voiced 
speech sound so as to improve the quality of the re- 
produced speech. 

To achieve the above object, there is provided, 
according to one technical aspect of the present in- 
vention, a system for speech coding of the CELP type 
wherein a reproduced signal is generated from a code 
vector obtained by applying linear prediction to a vec- 
tor of a residual signal of white noise of a code book 
and a pitch prediction vector obtained by applying lin- 
ear prediction to a residual signal of a preceding 
frame given a delay corresponding to a pitch frequen- 
cy, the error between the reproduced signal and an 
input speech signal is evaluated, the vector giving the 
smallest error is sought, and the input speech signal 
is encoded accordingly, the system for speech coding 
characterized in that in addition to the code vector and 
pitch prediction vector, use is made of a residual sig- 
nal vector of an impulse having a predetermined re- 
lationship with the vectors of the white noise code 
book, variable gains are given to at least the code vec- 
tor and an impulse vector obtained by applying linear 
prediction to the vector of the residual signal of the i rrv 
pulse, then the vectors are added to form a repro- 
duced signal and the reproduced signal is used to 
identify the input speech signal. 

Further, there is provided, according to another 
technical aspect of the present invention, an appara- 
tus for speech coding characterized by being provid- 
ed with a pitch frequency delay circuit giving a delay 
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corresponding to a pitch frequency to a vector of a 
preceding residual signal, a first code book storing a 
plurality of vectors of residual signals of white noise, 
an impulse generating circuit generating an impulse 
having a predetermined relationship with the vectors 
of the residual signals of the white noise stored in the 
first code book, linear prediction circuits connected to 
the pitch frequency delay circuit, the first code book, 
and the impulse generating circuit, a variable gain cir- 
cuit for giving a variable gain to vectors output from 
the linear prediction circuits connected to at least the 
first code book and the impulse generating circuit, a 
first addition circuit for adding the outputs of the va- 
riable gain circuit and producing a reproduced compo- 
site vector, an in put speech signal input unit, a second 
addition circuit for adding the reproduced composite 
vector and the vector of the input speech signal, and 
an evaluating circuit for evaluating the output of the 
second addition circuit and identifying the input 
speech signal from the vector of the reproduced sig- 
nal. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Figures 1 and 2 are block diagrams for explaining 
an example of a speech coding system of the re- 
lated art; 

Figs. 3 and 4 are views for explaining the method 
of analysis in the system of the related art; 
Fig. 5 is a block diagram of an embodiment of the 
system of the present invention; 
Fig. 6 is a circuit diagram for realization of the em- 
bodiment shown in Fig. 5; 
Fig. 7 is a view showing the method of analysis 
according to the system of the present invention; 
Fig. 8 is a block diagram of part of another em- 
bodiment of the system of the present invention; 
Fig. 9 is a view showing signals of various por- 
tions of Fig. 8; 

Fig. 10 is a circuit diagram showing another em- 
bodiment of the present invention; 
Fig. 11 is a block diagram of the other embodi- 
ment of the present invention shown in Fig. 1 0; 
Fig. 12 is a view of an example of a main element 
pulse position detecting circuit used in the other 
embodiment of the present invention shown in 
Fig. 10; 

Fig. 13 is a block diagram showing another em- 
bodiment of the present invention; 
Fig. 14 is a view showing signals of various por- 
tions in Fig. 13; 

Figs. 15(A) and (B) are views for explaining the 

method of caJculation of the pitch correlation of 

the embodiment of Fig. 13; 

Fig. 1 6 ts a view showing an example of the circuit 

for realizing the other embodiment of the present 

invention shown in Fig. 13; and 

Fig. 17 is a view showing the method of analysis 



in the other embodiment of the present invention 
shown in Fig. 13. 

DESCRIPTION OF THE PREFERRED 
5 EMBODIMENTS 

Embodiments of the speech coding system and 
the speech coding apparatus of the present invention 
will be explained in detail below while referring to the 

10 appended drawings. 

The basic constitution of the speech coding sys- 
tem of the present invention, as mentioned above, is 
that of a conventionally known CELP type speech 
coding system wherein in addition to the code vector 

15 and pitch prediction vector, use is made of a residual 
signal vector of an impulse having a predetermined 
relationship with the vectors of the white noise code 
book, variable gains are given to at least the code vec- 
tor and an impulse vector obtained by applying linear 

20 prediction to the vector of the residual signal of the im- 
pulse, then the vectors are added to form a repro- 
duced signal and the reproduced signal is used to 
identify the input speech signal. 

That is, the present invention is constituted by a 

25 conventionally known system wherein a synchronous 
pulse serving as a sound source for voiced speech 
sounds is introduced and a pulse-like sound source 
of voiced speech sounds is created by the use of a re- 
sidual signal vector of an impulse having a predeter- 

30 mined relationship with the vectors of the white noise 
code book. By this, in the present invention, the vec- 
tor of the residual signal of the white noise and the 
vector of the residual signal of the impulse are added 
while varying the amplitude components of the two 

35 vectors so as to reproduce a composite vector, so it 
is possible to accurately identify and code not only 
the white noise-like sound source of unvoiced speech 
sounds, but also the periodic putse series sound 
source of voiced speech sounds and thereby to im- 

40 prove the quality of the reproduced signal. 

The residual signal vector of the impulse used in 
the present invention may be an impulse vector hav- 
ing a predetermined relationship with the residual 
vectors of white noise stored in the first code book 1 0, 

45 specifically, may be one corresponding to one resid- 
ual vector of white noise stored in the first code book. 
Further, the one impulse vector may be one corre- 
sponding to one of the predetermined sample posi- 
tions, i.e., predetermined pulse positions, of a white 

so noise residual vector in the first code book. More spe- 
cifically, as mentioned later, the impulse vector may 
be one corresponding to a main element pulse posi- 
tion in the white noise residual vector or, as a simpler 
method, the impulse vector may be one correspond- 

55 ing to the maximum amplitude pulse position of the 
white noise residual vector. The impulse residual vec- 
tor used in the present invention may be one formed 
by separation from a white noise residual vector stor- 
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ed in the first code book. Further, for that purpose, 
use may be made of a second code book for storing 
command information for separating this from the 
white noise residual vector stored in the first code 
book. Also, the second code book may store pre- 5 
formed impulse vectors. 

Therefore, the second code book preferably is of 
the same size as the first code book. 

Figure 5 is a block diagram of an embodiment of 
a speech coding system of the present invention. In 10 
the figure, portions the same as in Fig. 1 are given the 
same reference numerals and explanations of the 
same are omitted. 

Figure 5 shows the constitution of the transmis- 
sion side. In the code book 10 are stored 2 m patterns 15 
of N dimensional vectors of residual signals formed by 
white noise, as in the past. In the code book 60 are 
stored N patterns of N dimensional vectors of residual 
signals of impulses shifted successively in phase. 

The impulse vectors from the code book 60 are 20 
supplied through a multiplier unit 61 to an adder 62 
where they are added with vectors of white noise sup- 
plied from the code book 10 through an adder 11 and 
the result is supplied to a pitch prediction unit 12. An 
evaluating circuit 16 searches through the code 25 
books 10 and 60 and determines the vector giving the 
smallest error signal power between the input speech 
signal and the reproduced signal from the linear pre- 
diction unit 13. The index of the code book 10 decided 
on, that is, the phase- 1 of the residual vector of the 30 
white noise, the index of the code book 60, that is, the 
phase-2 of the residual vector of the impulse, and the 
gains of the multiplier units 11 and 61 , i.e., the ampli- 
tudes and amplitude-2 of the residual vectors, the 
frequency and coefficient of the pitch prediction unit 35 
12 as in the past, and the coefficient of the linear pre- 
diction unit 13 are transmitted multiplexed by a mul- 
tiplexer circuit 65. 

On the receiving side, the transmitted multi- 
plexed signal is demultiplexed by the demultiplexer 40 
crcuit 66. Code books 20 and 70 have the same con- 
stitutions as the code books 1 0 and 60. From the code 
books 20 and 70 are read out the vectors indicated by 
the indexes (phase- 1 and phase-2). These are 
passed through the multiplier units 21 and 71, then 45 
added by the adder 72 and reproduced by the pitch 
prediction unit 22 and further the linear prediction unit 
23. 

Further, while not shown in the embodiment, in 
the same way as in Fig. 2, use is made of a linear pre- 50 
diction analysis unit 18, reverse linear prediction unit 
filter 30, and pitch prediction analysis unit 31, of 
course. 

Figure 6 shows an example of the circuit consti- 
tution for realizing the above embodiment according 55 
to the speech coding system of the present invention. 
In Fig. 6, portions the same as in Fig. 3 are given the 
same reference numerals and explanations thereof 



are omitted. 

In Fig. 6, a vector of a residual signal of white 
noise from a first code book 43 is subjected to predic- 
tion by a linear prediction unit 44 and multiplied with 
a gain g: by a multiplier unit 45, one example of a va- 
riable gain circuit, to obtain a white noise code vectors 
gjCv Further, the vectors of residual signals of im- 
pulses from a second code book 80 are subjected to 
prediction by a linear prediction unit 81 and multiplied 
by a gain g 2 by a multiplier unit 82, similarly an exam- 
ple of a variable gain circuit, to obtain an impulse code 
vector g 2 C 2 The above-mentioned code vectors 
and g 2 C 2 and a pitch prediction vector bP output from 
a multiplier unit 48 are added by adders 49 and 83 to 
give a composite vector X". The error E between the 
composite vector X" output by the adder 83 and the 
target vector is evaluated by an evaluating circuit 51. 
Figure 7 illustrates the vector operation mentioned 
above. 

At this time, the equation for evaluation of the er- 
ror signal power | E | 2 is expressed by equation (4). 
The amplitude b of the pitch prediction vector and the 
amplitudes g 1 and g 2 of the code vectors giving the 
minimum such power are determined by equations 
(5), (6), and (7): 

|E|2 = IX-bP-g^-g^l* (4) 
where, 

a|E| 2 /ab = 0 
d\E\yag, = 0 
5|E|2/ag 2 = 0 

By this, 

b = {(Z5XZ6XZ7 + Z2XZ4XZ9 + Z3XZ4X 
Z8) - (Z3 X Z5 X Z9 + Z4 X Z4 X Z7 + Z2 X Z6 

X Z8)}/A (5) 
g, = {(Z1XZ6XZ8 + Z3 X Z4 X Z7 + Z2 X Z3 
X Z9) - (Z3 X Z3 X Z8 + Z1 X Z4 X Z9 + Z2 X 
Z6 X Z7)}/A (6) 
g 2 = {(Z1 X Z5 X Z9 + Z2 x Z3 X Z8 + Z2 X Z4 X 
Z7) - (Z3XZ5XZ7 + Z2XZ2XZ9 + Z1XZ4 

X Z8)}/A (7) 
A = Z1 X Z5 X Z6 + 2 X Z2 X Z3 X Z4 - Z3 X Z3 
X Z5 - Z1 X Z4 X Z4 - Z2 X Z2 X Z6 
where, 

Z1 = (P, P), Z2 = (P, C t ), 
Z3 = (P, C2),Z4 = (C 1f CJ, 
Z5 = <d. CO, Z6 = (C 2 , Cy, 
Z7 = (X, P), Z8 = (X, d). 
Z9 = (X, d) 
Therefore, to determine the most suitable code 
vector and pitch prediction vector, one may find the 
amplitudes g lt g 2 , and b by the equations (5), (6), and 
(7) for all the combinations of the phases C 1( C 2 , and 
P of the three vectors and search for the set of the am- 
plitudes and phases g 1t g 2 , b, d, C2, and P giving the 
smallest error signal power. 

Here, the phase of the impulse code vector C2 
corresponds unconditionally to the phase of the white 
noise code vector d, so to determine the optimum 
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drive source vector, one may find the b t g lt and g 2 giv- 
ing the value of 0 for the error power I E I 2 partially dif- 
ferentiated by b, g 1f and g 2 for all combinations of the 
phases (RC^ of the white noise code vector C 1 and 
the pitch prediction vector P and thereby find ampli- 
tudes (b, g 1f and 02) by equations (5) to (7) and search 
for the set of amplitudes and phases (b, g 1f g 2 P, CO 
giving the smallest error signal power of equation (4). 

In this way, it is possible to identify input speech 
signals by adding a periodic pulse serving as a sound 
source of voiced speech sounds missing in the white 
noise code book. 

Figure 8 shows the case of establishment of an 
impulse vector at a pulse position showing the maxi- 
mum amplitude in the white noise residual vector, with 
respect to the impulse vectors and the white noise re- 
sidual vectors stored in the first code book in the pres- 
ent invention. In Fig. 8, the first code book 10 is pro- 
vided with a table 90 with a common index i (corre- 
sponding to the second code book) and stores the 
position of the elements (sample) with the maximum 
amplitudes among the patterns of white noise vectors 
of the code book 1 0. The white noise vector and max- 
imum amplitude position read out from the code book 
10 and the table 90 respectively in accordance with 
the search pattern indexes entering from the evalu- 
ating circuit 16 through a terminal 91 are supplied to 
an impulse separating circuit 92 where, as shown in 
Fig. 9(A), just the maximum amplitude position sam- 
ple is removed from the white noise vector. So, the 
white noise vector shown in (B) of the figure which has 
a plurality of amplitude values at each of the sampling 
position except the maximum amplitude value at the 
sampling position in which the maximum amplitude 
value was obtained and the amplitude value is shown 
as N 0" at the sampling position, and the impulse 
shown in (C) of the figure which only has a maximum 
amplitude value at the sampling position and no other 
amplitude value is shown at any other remaining sam- 
pling position, are be generated and supplied respec- 
tively to the multiplier units 11 and 61, and the code 
book 60 thus eliminated. Of course, the same applies 
to the code books 20 and 70. In this case, the sum of 
the white noise vector and the impulse vector output 
by the impulse separating circuit 92 becomes the 
same as the original white noise vector of the code 
book 10, so when the amplitude ratio g^ of the mul- 
tiplier units 11 and 61 is "1", use may be made of the 
original white noise and when it is "0" use may be 
made of the complete impulse. 

By so making the phase of the impulse vector cor- 
respond unconditionally to the white noise vectors, 
the need for transmission of the phase-2 of the im- 
pulse code vector is eliminated and the effect of data 
compression is increased. 

Since the white noise vector and the impulse vec- 
tor are added by varying the gain of the amplitudes 
of the respective elements, it is possible to accurately 



identify and code not only the white noise-like sound 
source of unvoiced speech sounds, but also the per- 
iodic pulse series sound source of voiced speech 
sound, a problem in the past, and thereby to vastly im- 

5 prove the quality of the reproduced speech. 

In the embodiment of Fig. 6, the first addition cir- 
cuit is formed by an adder 49 and an adder 83, but the 
first addition circuit may be formed by a single unit in- 
stead of the adders 49 and 83. 

10 Next another embodiment of the speech coding 

system of the present invention will be shown in Fig. 
10. 

In Fig. 6, provision was made of a code book com- 
prised of fixed impulses generated in accordance 

15 with only predetermined pulse positions of the vectors 
in the code book 10, but even if the input speech sig- 
nal is identified by adding the vector based on the 
fixed impulses to the conventional pitch prediction 
vector and white noise vector, the optimal identifica- 

20 tion cannot necessarily be performed. This is be- 
cause, as shown in Fig. 6, since linear prediction is 
applied even to the impulse vector, there is a distor- 
tion in space. 

Therefore, in the third embodiment, the principle 

25 of which is shown in Fig. 1 0, instead of using fixed im- 
pulse vectors, the phase difference between the 
white noise vector after application of linear predic- 
tion 44 and the vector obtained by applying linear pre- 
diction to the impulse by the main element pulse pos- 

30 ition detection circuit 90 is evaluated, whereby the 
position of the main element pulse is detected. The 
main element impulse is generated at this position by 
the impulse generating unit 91. The three vectors, 
i.e., the pitch prediction vector P, the white noise code 

35 vector C 1f and the main element impulse vector are 
added and the composite vector is used to identify 
the input speech signal S. 

Further, even in the third embodiment, a search 
is made for the set of the amplitudes and phases (b, 

40 9i» 9 2. R C t ) giving the smallest error signal power by 
equations (4) to (7). 

Figure 11 is a block diagram of the third embodi- 
ment of the present invention. The third embodiment 
differs from the embodiment of Fig. 5 only in that it 

45 uses a main element pulse position detection circuit 
110 instead of an impulse code book 60. 

That is, the main element pulse position detection 
circuit 110 extracts the position of the main element 
pulse for the vectors of the white noise code book 1 0, 

50 the main element pulse generated at that position is 
multiplied by the gain (amplitude) component by the 
multiplier unit 61, one type of variable gain circuit, 
then is added to the white noise read out from the 
code book 10 as in the past and multiplied by the gain 

55 by the multiplier unit 1 1 , also one type of variable gain 
circuit, and reproduction is performed by the pitch 
prediction unit 12 and the linear prediction unit 13. 
Further, since the independent variable gains are 
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multiplied with the white noise and the main element 
impulse, the coding information may be, like with Fig. 
5, the white noise code index (phase) and gain (am- 
plitude), the amplitude of the main element impulse, 
and the parameters for constructing the prediction s 
units (pitch frequency, pitch prediction coefficient, 
linear prediction coefficient) transmitted multiplexed 
by the multiplexer circuit 65. Further, the receiving 
side may be similarly provided with a main element 
pulse position detection circuit 120 and the speech 10 
signal reproduced based on the parameters demulti- 
plexed at the demultiplexer circuit 66. 

Therefore, since the sound source signal is gen- 
erated by adding the white noise and the impulse, it 
is possible to accurately generate not only a white 15 
noise-like sound source of unvoiced speech sounds, 
but also a periodic pulse series sound source of 
voiced speech sounds by control of the amplitude 
components and therefore possible to improve the 
quality of the reproduced speech. 20 

Figure 12 shows an embodiment of the main ele- 
ment pulse position detection circuit 110 used in the 
above-mentioned embodiment. In this embodiment, 
provision is made of a linear prediction unit 111 which 
applies linear prediction to N number of impulse vec- 25 
tors (these may be generated also from a separately 
provided memory) with different pulse positions, a 
phase difference calculation unit 112 which calcu- 
lates a phase difference between a code vector C A 
obtained by applying linear prediction to the white 30 
noise of the code book 10 by the linear prediction unit 
11 and an impulse code vector C 2 ' (where i = 1, 2, ...N) 
to which linear prediction from the linear prediction 
unit 111 is applied, a maximum value detection unit 
113 which detects the maximum value of the phase 35 
difference calculated by the phase difference calcu- 
lation unit 112, and an impulse generating circuit 114 
which decides on the position of the main element 
pulse by the maximum value detected by the maxi- 
mum value detection unit 113 and generates an irrv 40 
pulse at the position of the main element pulse. 

In such a main element pulse position detection 
circuit 110, the impulse code vector is sought giving 
the minimum phase difference 0| between the code 
vector obtained by applying linear prediction to the 45 
vectors stored in the code book 10 and the N number 
of impulse code vectors cy, that is, giving the maxi- 
mum value of 

cos^e, = ( c 1( (yMd, C| ) (C 2 ', <y». 
thereby enabling determination of the position of the so 
main element pulse. 

In this case, by providing a main element pulse 
position detection circuit even on the decoder side, it 
is possible to extract the phase information of the 
main element pulse from the phase of the code vector 55 
even without transmission of the same and therefore 
it is possible to improve the characteristics by an in- 
crease of just the amplitude information of the main 



element pulse. 

According to the above explained first to third em- 
bodiments, in addition to the addition of two vectors, 
i.e., the white noise code vector and the pitch predic- 
tion vector, an impulse code vector generated by a 
code book or table etc. at a position corresponding to 
the position of predetermined pulses of the white 
noise code vector is added and the identification per- 
formed by this composite vector of three vectors, so 
it is possible to create not only a sound source of un- 
voiced speech sounds, but also a pulse-like sound 
source of voiced speech sounds and possible to im- 
prove the quality of the reproduced speech. Further, 
by separating the vector of the residual signal of the 
impulse from the vector of the residual signal of the 
white noise, it is possible to increase the effect of data 
compression. 

Further, according to the above embodiment, it is 
possible to control the amplitude of the elements by 
combining the white noise vector and the impulse 
vector corresponding to the main element, so it is pos- 
sible to create a more effective pulse sound source 
than even with generation of a fixed impulse. 

Next an explanation will be made of a fourth em- 
bodiment of the speech coding system of the present 
invention. The fourth embodiment of the present in- 
vention constitutes the conventional CELP type 
speech coding system wherein the vector of the resid- 
ual signal of the white noise and the vector of the re- 
sidual signal of the impulse are added by a ratio 
based on the strength of the pitch correlation of the 
input speech signal obtained by pitch prediction so as 
to obtain a composite vector. The composite vector is 
reproduced to obtain a reproduced signal and the er- 
ror of that with the input speech signal is evaluated. 

Therefore, in the fourth embodiment, since the 
vector of the residual signal of the white noise and the 
vector of the residual signal of the impulse are added 
by a ratio based on the strength of the pitch correla- 
tion of the input speech signal and the composite vec- 
tor is reproduced, it is possible to accurately identify 
and code not only the white noise-like sound source 
of unvoiced speech sounds, but also the periodic 
pulse series sound source of voiced speech sounds 
and thereby to improve the quality of the reproduced 
speech. 

Figure 1 3 is a block diagram of the fourth embodi- 
ment of the system of the present invention. In the fig- 
ure, portions the same as Fig. 1 are given the same 
reference numerals and explanations thereof are 
omitted. 

In Fig. 13, there is additionally provided a table 60 
in the code book 10 in which are stored 2 m patterns 
of N order vectors of residual signals of white noise. 
In this table 60 are stored the positions of elements 
(samples) of the maximum amplitude for each of the 
2 m patterns of vectors in the code book 10. 

The white noise vector read out from the code 
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book 10 in accordance with the search pattern index 
from the evaluating circuit 16 is supplied to the im- 
pulse generating unit 61 and the weighting and addi- 
tion circuit 62, while the maximum amplitude position 
read out from the table is supplied to the impulse gen- s 
erating unit 61. 

The impulse generating unit 61 picks out the ele- 
ment of the maximum amplitude position from in the 
white noise vector as shown in Fig. 14(A) and gener- 
ates an impulse vector as shown in Fig. 1 4(B) with the 10 
remaining N-1 elements all made 0 and supplies the 
impulse vector to the weighting and addition circuit 
62. 

The weighting and addition circuit 62 multiplies 
the weighting sinO and cos 9 supplied from the later 15 
mentioned pitch correlation calculation unit 63 with 
the white noise vector and impulse vector for perform- 
ing the weighting, then performs the addition. The 
composite vector obtained here is supplied to the mul- 
tiplier unit 11. 20 

The code vector gC becomes equal to the im- 
pulse vector when the pitch correlation is maximum 
(cos9 = 1 ) and becomes equal to the white noise vec- 
tor when the pitch correlation becomes minimum 
(cos© = 0). That is, the property of the code vector 25 
may be continuously changed between the impulse 
and white noise in accordance with the strength of the 
pitch correlation of the input speech signal, whereby 
the precision of identification of the sound source 
with respect to an input speech signal can be im- 30 
proved. 

The pitch correlation calculation unit 63 finds the 
phase difference 0 between the later mentioned pitch 
prediction vector and the vector of the input speech 
signal to obtain the pitch correlation (weighting) cos9 35 
and the weighting sine. 

The evaluating circuit 16 searches through the 
code book 10 and decides on the index giving the 
smallest error signal power. The index of the code 
book 10 decided on, that is, the phase of the residual 40 
vector of the white noise, the gain, that is, the ampli- 
tude of the residual vector, of the multiplier unit 11 , the 
frequency and coefficient (X. and cos9) of the pitch 
prediction unit 12 as in the past, and the coefficient 
of the linear prediction unit 13 are transmitted multi- 45 
plexed by the multiplexer circuit 17. In this embodi- 
ment too, the gain is preferably variable. 

The transmitted multiplexed signal is demulti- 
plexed by the demultiplexer circuit 1 9. The code book 
20 and the table 70 are each of the same construction so 
as the code book 10 and the table 60. The vector and 
maximum amplitude position indicated by the respec- 
tive indexes (phases) are read out from the code book 
20 and the table 70. 

The impulse generating unit 71 generates an im- 55 
pulse vector in the same way as the impulse gener- 
ating unit 61 on the coding unit side and supplies the 
same to the weighting circuit 72. The weighting circuit 



72 prepares the weighting sin9 from the pitch corre- 
lation (weighting) cosO from among the coefficients 
(X and cosO) from the pitch prediction unit 12 trans- 
mitted and demultiplexed. With these, the white noise 
vector and the impulse vector are weighted and add- 
ed and the composite vector is supplied to the multi- 
plier 21. Reproduction is performed at the pitch pre- 
diction unit 22 and the linear prediction unit 23. 

The circuit construction of the speech coding sys- 
tem of the above embodiment may be expressed as 
shown in Fig. 16. In Fig. 16, portions the same as in 
Fig. 2 are given the same reference numerals and ex- 
planations thereof are omitted. 

In Fig. 16, the vector of the residual signal of the 
white noise from the code book 43 is subjected to pre- 
diction by the linear prediction unit 44 and multiplied 
with the weighting sine by the multiplier unit 80, one 
type of variable gain circuit, to obtain a white noise 
code vector. Further, the vector of the residual signal 
of the impulse generated from the white noise vector 
at the impulse generating unit 81 is subjected to pre- 
diction by the linear prediction unit 82 and multiplied 
by the weighting cosO by the multiplier 83, one type 
of variable gain circuit, to obtain an impulse code vec- 
tor. These are added by the adder 84 and further mul- 
tiplied by the gain g at the adder 45 (amplitude of code 
vector) to give the code vector gC. This code vector 
gC is added by the adder 49 with the pitch prediction 
vector bP output from the multiplier unit 48 and the 
composite vector X" is obtained. The error E between 
the composite vector X" output by the adder 50 and 
the target vector X is evaluated by the evaluating cir- 
cuit 51. Figure 17 illustrates this vector operation. 

In this case, the code vector gC changes in ac- 
cordance with the weighting cos9, sine from white 
noise to an impulse, but the pitch prediction vector bP 
and the code vector gC may be used to determine the 
phases P and C and amplitudes b and g of the two 
vectors in the same way as the past without change 
to the process of identification of the input. 

Here, an explanation will be made of the pitch 
correlation calculation unit 85 together with Figs. 
15(A) and (B). Figure 15(A) takes out a portion of Fig. 
16. 

The amplitude component b of the pitch predic- 
tion vector bP is nothing other than the prediction 
coefficient b of the pitch prediction unit but this value 
may be found by identifying the input signal by only 
the pitch prediction vector using the code vector gC 
as "0" in the above-mentioned speech signal analysis 
(equation (8) and equation (9)). Here, the pitch pre- 
diction coefficient b, as shown in equation (10), is the 
product of the amplitude ratio X of the target vector X 
and the pitch prediction vector P and the pitch corre- 
lation cos9. The value of the pitch correlation is max- 
imum (cos9 = 1) when the phase of the pitch predic- 
tion vector matches the phase of the target vector (9 
= 0). The larger the phase difference 9 of the two vec- 
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tors, the smaller this is. Further, the value is also the 
value showing the strength of the periodicity of the 
speech signal, so it is possible to use this to control 
the ratio of the white noise element and the impulse 
element in the speech signal. Figure 17 illustrates the 
above-mentioned vector operation. 

|E|2 = |X-bP|2 (8) 

where, 

a|E|2/ab = o 

By this, 

b = (X.P)/(P,P) (9) 
b = XcosG (10) 
where, X is the amplitude ratio and 9 is the 
phase difference and 

x = IxI/IpI 

In this way, the white noise vector and the im- 
pulse vector are added with the amplitudes of their re- 
spective elements controlled, so it is possible to ac- 
curately identify and code not only the white noise- 
like sound source of unvoiced speech sounds, but 
also the periodic pulse series sound source of voiced 
speech sounds, a problem in the past, and thereby to 
vastly improve the quality of the reproduced speech. 

Further, the phase of the impulse vector added to 
the white noise vector is made to correspond uncon- 
ditionally to the phase of the white noise and even the 
strength of the pitch correlation cose is transmitted as 
the pitch prediction coefficient (b = 3Lcos9 , so there 
is no increase in the amount of information transmit- 
ted compared with the conventional system. 

Note that the drawing of a correspondence be- 
tween the phases of the impulse vectors and the 
phases of the white noise vectors is not limited to the 
above-mentioned maximum amplitude position. 

As mentioned above, according to the speech 
coding system of this embodiment, it is possible to ac- 
curately identify and code not only the sound source 
of unvoiced speech sounds but also the pulse-like 
sound source of voiced speech sounds, not possible 
in the past, and is possible to improve the quality of 
the reproduced signal. Further, there is no increase in 
the amount of the information transmitted, making 
this very practical. 

That is, in the embodiment, not all the information 
on the gain (amplitude) and residual vectors (phase) 
is transmitted, so transmission is possible with the in- 
formation compressed. It is possible to freely select 
from the above plurality of embodiments, in accor- 
dance with the desired objective, in this invention, 
where there is never any deterioration of the quality 
of the reproduced signal. For example, when desiring 
to obtain a compression effect without increasing the 
amount of information, use may be made of the sec- 
ond and third embodiments, while when desiring to 
obtain a compression effect even at the expense of 
the characteristics of the reproduced speech, use 
may be made of the fourth embodiment. 



Claims 

1. A system for speech coding of the CELP type 
wherein a reproduced signal is generated from a 

5 control vector obtained by applying linear predic- 

tion to a code vector of a residual signal of white 
noise of a code book and from a pitch prediction 
vector obtained by applying linear prediction to a 
residual signal of a preceding frame given a delay 

10 corresponding to a pitch frequency, the error be- 

tween the reproduced signal and an input speech 
signal is evaluated, the code vector giving the 
smallest error is sought, and the input speech sig- 
nal is encoded accordingly, the system for 

15 speech coding characterized in that in addition to 

the code vector and pitch prediction vector, use 
is made of a residual signal vector of an impulse 
having a predetermined relationship with the vec- 
tors of the the white noise code book, variable 

20 gains are given to at least the code vector and an 

impulse vector obtained by applying linear predic- 
tion to the vector of the residual signal of the im- 
pulse, then the vectors are added to form a repro- 
duced signal and the reproduced signal is used to 

25 identify the input speech signal. 

2. A system for speech coding according to claim 1 , 
characterized in that the respective residual sig- 
nal vectors of the impulses having a predeter- 

30 mined relationship with the vectors of said white 

noise code book correspond to the vectors of the 
said white noise code book. 

3. A system for speech coding according to claim 2, 
35 characterized in that the vectors of the residual 

signals of the impulses correspond to just prede- 
termined pulse positions in the vectors of the said 
white noise code book. 

40 4. A system for speech coding according to claim 2, 
characterized in that the vectors of the residual 
signals of the impulses correspond to pulse pos- 
itions of the maximum amplitude in the vectors of 
the said white noise code book. 

45 

5. A system for speech coding according to claim 2, 
characterized in that the vectors of the residual 
signals of the impulses corresponding to one pos- 
ition selected from one of said predetermined 
so pulse positions in the vectors of the said white 

noise code book and the pulse positions of the 
maximum amplitude are stored in a separately 
provided code book. 

55 6. A system for speech coding according to claim 4, 
characterized in that the vectors of the residual 
signals of the impulses corresponding to one pos- 
ition selected from one of said predetermined 
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pulse positions in the vectors of the said white 
noise code book and the pulse positions of the 
maximum amplitude are stored in a separately 
provided code book. 

5 

7. A system for speech coding according to claim 1 , 
characterized in that the residual signal vector of 
the impulse having a predetermined relationship 
with the vectors of the white noise code book is 

the main element impulse in the vectors of the 10 
white noise code book. 

8. A system for speech coding according to claim 1 , 
characterized in that the residual signal vector of 

the white noise and the vector of the residual sig- 15 
nal of the impulse are adjusted by a predeter- 
mined coefficient derived from a vector of said in- 
put speech signal and a pitch prediction vector 
obtained by applying linear prediction to a resid- 
ual signal of a preceding frame and that the error 20 
is evaluated. 

9. A system for speech coding according to claim 8, 
characterized in that the residual signal vector of 

the white noise and the vector of the residual sig- 25 
nal of the impulse are weighted by a predeter- 
mined coefficient derived from a vector of said in- 
put speech signal and a pitch prediction vector 
obtained by applying linear prediction to a resid- 
ual signal of a preceding frame and that the error 30 
is evaluated. 

1 0. A system for speech coding according to claim 9 , 
characterized in that the residual signal vector of 

the white noise and the vector of the residual sig- 35 
nal of the impulse are added in a ratio according 
to an intensity of a pitch correlation obtained by 
applying linear prediction to the vector of said in- 
put speech signal and the vector of the residual 
signal of the preceding frame, reproducing said 40 
composite vector, and evaluating the error be- 
tween the resultant reproduced signal and the 
vector of said input speech signal. 

11. A system for speech coding according to claim 45 
10, characterized in that the said pitch correlation 

is a function of angle. 

12. A system for speech coding according to claim 1 , 
characterized in that the vector of the residual so 
signal of said impulse is separated from the vec- 
tor of the residual signal of the white noise. 

1 3. An apparatus for speech coding characterized by 
being provided with a pitch frequency delay cir- 55 
cuit giving a delay corresponding to a pitch fre- 
quency to a vector of a preceding residual signal, 

a first code book storing a plurality of vectors of 



residual signals of white noise, an impulse gen- 
erating circuit generating an impulse having a 
predetermined relationship with the vectors of the 
residual signals of the white noise stored in the 
said first code book, linear prediction circuits con- 
nected to said pitch frequency delay circuit, said 
first code book, and said impulse generating cir- 
cuit, a variable gain circuit for giving a variable 
gain to vectors output from said linear prediction 
circuits connected to at least said first code book 
and said impulse generating circuit, a first addi- 
tion circuit for adding the outputs of the said va- 
riable gain circuit and producing a reproduced 
composite vector, an input speech signal input 
unit, a second addition circuit for adding said re- 
produced composite vector and the vector of said 
input speech signal, and an evaluating circuit for 
evaluating the output of said second addition cir- 
cuit and identifying the input speech signal from 
the vector of the reproduced signal. 

14. An apparatus for speech coding according to 
claim 13, characterized in that the said first addi- 
tion circuit is comprised of a first adder which 
adds only the outputs from the said linear predic- 
tion circuits connected to said pitch frequency de- 
lay circuit and said first code book and a second 
adder which adds the output from the linear pre- 
diction circuit connected to the said impulse gen- 
erating circuit 

15. An apparatus for speech coding according to 
claim 13, characterized in that said impulse gen- 
erating circuit is driven by a main element pulse 
position detection circuit which receives as input 
the output from the said linear prediction circuit 
connected to said first code book. 

16. An apparatus for speech coding according to 
claim 1 5, characterized in that said main element 
pulse position detection circuit has a function of 
extracting a pulse position giving the smallest 
phase error between an output vector from said 
linear prediction circuit connected to said first 
code book and a vector obtained by applying lin- 
ear prediction to one pulse corresponding to sam- 
ple times of residual signal vectors stored in said 
first code book. 

17. An apparatus for speech coding according to 
claim 13, characterized in that said impulse gen- 
erating circuit comprises a second code book 
storing a plurality of impulses corresponding to 
the plurality of residual signal vectors of white 
noise stored in said first code book. 

18. An apparatus for speech coding according to 
claim 17, characterized in that the said second 
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code book stores the orders showing the maxi- 
mum pulses in the residual signal vectors of the 
white noise stored in the said first code book. 

19. An apparatus for speech coding according to 5 
claim 17 f characterized in that the said impulse 
generating circuit has an impulse separating cir- 
cuit which separates said impulses from the re- 
sidual signal vectors of the white noise stored in 

the said first code book. 10 

20. An apparatus for speech coding according to 
claim 13, characterized in that in producing from 
the outputs of the said first code book and said 
impulse generating circuit a reproduced vector 15 
through the linear prediction circuit and variable 
gain circuit, provision is made of a weighting cir- 
cuit for controlling said linear prediction circuit 

and variable gain circuit and that said weighting 
circuit is connected to a pitch correlation calculat- 20 
ing circuit which receives as input a pitch predic- 
tion vector obtained by applying linear prediction 
to a vector of an input speech signal and a resid- 
ual signal vector of a preceding frame. 

25 

Patentanspruche 

1. CELP-Sprachkodierungsystem, bei dem ein re- 
prod uziertes Signal aus einem durch Anwenden 30 
einer Linearpradiktion auf einen Kodevektor ei- 
nes Restsignals wei&en Rauschens eines Ko de- 
lex ikons erhaltenen Steuervektor und einem 
durch Anwenden einer Linearpradiktion auf ein 
Restsignal eines vorhergehenden Rahmens, 35 
dem eine einer Tonlagenfrequenz entsprechen- 
de Verzogerung gegeben ist, erhaltenen Tonla- 
genpradiktionsvektor erzeugt wird, der Fehler 
zwischen dem reproduzierten Signal und einem 
Eingangssprachsignal bewertet wird, der den 40 
kleinsten Fehler ergebende Kodevektor gesucht 
wird und das Eingangssprachsignal dementspre- 
chend kodiert wird, und das Sprachkodierungs- 
system dadurch gekennzeichnet ist, da& zusatz- 
lich zu dem Kodevektor und demTonlagenpradik- 45 
tionsvektorvon einem Restsignal vektor eines Im- 
pulses Gebrauch gemacht wird, welcher eine vor- 
bestimmte Beziehung zu den Vektoren des Kode- 
lexikons mit dem wei&en Rauschen aufweist, va- 
riable Verstarkungen mindestens dem Kodevek- so 
tor und einem Impulsvektor gegeben werden, der 
durch Anwenden einer Linearpradiktion auf den 
Vektor des Restsignals des Impulses erhalten 
wird, dann die Vektoren addiert werden, um ein 
re prod uziertes Signal zu bilden, und das reprodu- 55 
zierte Signal dazu verwendet wird, das 
Eingangssprachsignal zu identifizieren. 



2. Sprachkodierungssystem nach Anspruch 1, da- 
durch gekennzeichnet, dad die jeweiligen Rest- 
signal vektoren der Impulse mit einer vorbestim m- 
ten Beziehung zu den Vektoren des Kodelexi- 
kons mit dem wei&en Rauschen den Vektoren 
des Kodelexikons mit dem wei&en Rauschen 
entsprechen. 

3. Sprachkodierungssystem nach Anspruch 2, da- 
durch gekennzeichnet, daft die Vektoren der 
Restsignale der Impulse gerade vorbestimmten 
Pulspositionen in den Vektoren des Kodelexi- 
kons mit dem wei&en Rauschen entsprechen. 

4. Sprachkodierungssystem nach Anspruch 2, da- 
durch gekennzeichnet, daft die Vektoren der 
Restsignale der Impulse Pulspositionen der Ma- 
ximalamplitude in den Vektoren des Kodelexi- 
kons mit dem wei&en Rauschen entsprechen. 

5. Sprachkodierungssystem nach Anspruch 2, da- 
durch gekennzeichnet, da& die Vektoren der 
Restsignale der Impulse, die einer einzigen Posi- 
tion entsprechen, die von einer der vorbestimm- 
ten Pulspositionen in den Vektoren des Kodele- 
xikons mit dem wei&en Rauschen ausgewahlt ist, 
und die Pulspositionen der Maximalamplitude in 
einem getrennt vorgesehenen Kodelexikon ge- 
speichert sind. 

6. Sprachkodierungssystem nach Anspruch 4, da- 
durch gekennzeichnet, da& die Vektoren der 
Restsignale der Impulse, die einer einzigen Posi- 
tion entsprechen, die von einer der vorbestimm- 
ten Pulspositionen in den Vektoren des Kodele- 
xikons mit dem wei&en Rauschen ausgewahlt ist, 
und die Pulspositionen der Maximalamplitude in 
einem getrennt vorgesehenen Kodelexikon ge- 
speichertsind. 

7. Sprachkodierungssystem nach Anspruch 1, da- 
durch gekennzeichnet, da& der Restsignalvektor 
des Impulses mit einer vorbestimmten Beziehung 
zu den Vektoren des Kodelexikons mit dem wei- 
&en Rauschen der Hau ptel erne ntim puis in den 
Vektoren des Kodelexi kons mit dem wei&en Rau- 
schen ist, 

8. Sprachkodierungssystem nach Anspruch 1, da- 
durch gekennzeichnet, da& der Restsignalvektor 
des wei&en Rauschens und der Vektor des Rest- 
signals des Impulses durch einen vorbestimmten 
Koeff izienten justiert werden, der von einem Vek- 
tor des Spracheingangssignals und einem durch 
Anwenden einer Linearpradiktion auf ein Restsi- 
gnal eines vorhergehenden Rahmens erhalte- 
nen Tonlagenpradiktionsvektor abgeleitet wird, 
und da& der Fehler bewertet wird. 
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9. Sprachkodierungssystem nach Anspruch 8, da- 
durch gekennzeichnet, daft der Restsignalvektor 
des we i Ren Rauschens und der Vektor des Rest- 
signals des Impulses mit einem vorbestimmten 
Koeffizienten gewichtet werden, der von einem 5 
Vektor des Spracheingangssignals und einem 
durch Anwenden einer Linearpradiktion auf ein 
Restsignal eines vorhergehenden Rahmens er- 
haltenen Tonlagenpradiktionsvektor abgeleitet 
wird, und dad der Fehler bewertet wird. 10 

10. Sprachkodierungssystem nach Anspruch 9, da- 
durch gekennzeichnet, daB der Restsignalvektor 
des weiBen Rauschens und der Vektor des Rest- 
signals des Impulses in einem Verhaltnis ent- 15 
sprechend einer Intensitat einer Tonlagenkorrela- 

tion addiert werden, die durch Anwenden einer Li- 
nearpradiktion auf den Vektor des Sprachein- 
gangssignals und den Vektor des Restsignals 
des vorhergehenden Rahmens, Reproduzieren 20 
des zusammengesetzten Vektors und Bewerten 
des Fehlers zwischen dem sich ergebenden re- 
produzierten Signal und dem Vektor des 
Eingangssprachsignals erhalten wird. 

25 

11- Sprachkodierungssystem nach Anspruch 10, da- 
durch gekennzeichnet, daB die Tonlagenkorrela- 
tion eine Funktion eines Winkels ist. 

12. Sprachkodierungssystem nach Anspruch 1, da- 30 
durch gekennzeichnet, dad der Vektor des Rest- 
signals des Impulses von dem Vektor des Rest- 
signals weiBen Rauschens getrennt ist. 

13. Vorrichtung zum Kodieren von Sprache, dadurch 35 
gekennzeichnet, daB es versehen ist mit einer 
Tonlagenfrequenzverzogerungsschaltung, wel- 

che eine einer Tonlagenfrequenz entsprechende 
Verzogerung auf einen Vektor eines vorherge- 
henden Restsignals aufgibt, einem ersten Kode- 40 
lexikon, das mehrere Vektoren von Restsignalen 
weiBen Rauschens speichert, einer Impulserzeu- 
gungsschaltung, die einen Impuls mit einer vor- 
bestimmten Beziehung zu den Vektoren der 
Restsignale des in dem ersten Kodelexikon ge- 45 
speicherten weiBen Rauschens erzeugt, Linear- 
pradiktionsschaltungen, die mit der Tonlagefre- 
quenzverzogerungsschaltung, dem ersten Ko- 
delexikon und der Impulserzeugungsschaltung 
verbunden sind, einer Schaltung mit variabler so 
Verstarkung, um den von den zumindest mit dem 
ersten Kodelexikon und der Impulserzeugungs- 
schaltung verbundenen Linearpradiktionsschal- 
tungen ausgegebenen Vektoren eine variable 
Verstarkung zu geben, einer ersten Additions- 55 
schaltung zum Addieren der Ausgangssignale 
der Schaltung mit der variablen Verstarkung und 
zum Erzeugen eines reproduzierten zusammen- 



gesetzten Vektors, einer Eingangsprachsignal- 
Eingabeeinheit, einer zweiten Additionsschak 
tung zum Addieren des reproduzierten zusam- 
mengesetzten Vektors und des Vektors des 
Spracheingangssignals und einer Bewertungs- 
schaltung zum Bewerten des Ausgangssignals 
der zweiten Additionsschaltung und zum Identk 
fizieren des Eingangssprachsignals aus dem 
Vektor des reproduzierten Signals. 

14. Vorrichtung zum Kodieren von Sprache nach An- 
spruch 13, dadurch gekennzeichnet, daB die er- 
ste Additionsschaltung einen ersten Addierer, 
welcher nur die Ausgangssignale der Linearpra- 
diktionsschaltungen addiert, die mit der Tonla- 
genfrequenzverzogerungsschaltung und dem 
ersten Kodelexikon verbunden sind, und einen 
zweiten Addierer auf we ist, welcher die Aus- 
gangssignale der mit der Impulserzeugungs- 
schaltung verbundenen Linearpradiktionsschal- 
tung addiert. 

15. Vorrichtung zum Kodieren von Sprache nach An- 
spruch 13, dadurch gekennzeichnet, daB die Im- 
pulserzeugungsschaltung von einer Hauptele- 
mentpulsposition-Detektionsschaltung gesteu- 
ert wird, welche als Eingangssignal das Aus- 
gangssignal von der mit der ersten Kodelexikon 
verbundenen Linearpradiktionsschaltung erhalt 

16. Vorrichtung zum Kodieren von Sprache nach An- 
spruch 15, dadurch gekennzeichnet, dad die 
Haupteiementpulsposition-Detektionsschaltung 
eine Funktion zum Extrahieren einer Pulsposition 
aufweist, welche den kleinsten Phasenfehler zwi- 
schen einem Ausgangsvektor aus der mit dem er- 
sten Kodelexikon verbundenen Linearpradikti- 
onsschaltung und einem Vektor ergibt, der durch 
Anwenden einer Linearpradiktion auf einen Puis 
erhalten wird, welcher Abtastzeitpunkten von in 
dem ersten Kodelexikon gespeicherten Restsi- 
gnal vektoren entspricht. 

17. Vorrichtung zum Kodieren von Sprache nach An- 
spruch 13, dadurch gekennzeichnet, daB die Im- 
pulserzeugungsschaltung ein zweites Kodelexi- 
kon aufweist, das mehrere den mehreren Restsi- 
gnal vektoren des in dem ersten Kodelexikon ge- 
speicherten weiBen Rauschens entsprechende 
Impulse speichert 

18. Vorrichtung zum Kodieren von Sprache nach An- 
spruch 17, dadurch gekennzeichnet, daB das 
zweite Kodelexikon die Reihenfolgen speichert, 
welche die Maximal pulse in den Restsignal vekto- 
ren des in dem ersten Kodelexikon gespeicher- 
ten weiBen Rauschens angeben. 
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19. Vorrichtung zum Kodieren von Sprache nach An- 
spruch 17, dadurch gekennzeichnet, dad die Inv 
pulserzeugungsschaltung eine Impulstren- 
nungsschattung aufweist, welche die Impulse 
von den Restsignalvektoren des in dem ersten 
Kodelexikon gespeicherten we i lien Rauschens 
abtrennL 

20. Vorrichtung zum Kodieren von Sprache nach An- 
spruch 1 3, dadurch gekennzeichnet, daft bei dem 
Erzeugen eines reproduzierten Vektors aus den 
Ausgangssignalen des ersten Kodelexikons und 
der Impulserzeugungsschaltung durch die Line- 
arpradiktionsschaltung und die Schaltung mit va- 
riabler Verstarkung, Vorkehrung fur eine Wich- 
tungsschaltung getroffen ist, um die Linearpra- 
diktionsschaltung und die Schaltung mit variab- 
ler Verstarkung zu steuern, und dad die Wich- 
tungsschaltung mit einer Tonlagenkorrelation- 
Berechnungsschaltung verbunden ist, welche als 
Eingangssignal einen Tonlagenpradiktionsvektor 
empfangt, der durch Anwenden einer Linearpra- 
diktion auf einen Vektor eines Eingangssignals 
und einen Rests ignal vektor eines vorhergehe ri- 
de n Rah mens erhalten wird. 



Revendications 



signal residuel respectifs des impulsions preserv 
tant une relation predeterminee avec les vecteurs 
dudit livre de codes de bruit blanc correspondent 
aux vecteurs dudit livre de codes de bruit blanc. 

5 

3. Systeme de codage de la parole selon la revert- 
dication 2, caracterise en ce que les vecteurs des 
signaux residuels des impulsions correspondent 
a des positions d'impulsion juste predetermines 

10 dans les vecteurs dudit livre de codes de bruit 

blanc. 

4. Systeme de codage de la parole selon la reven- 
dication 2, caracterise en ce que les vecteurs des 

15 signaux residuels des impulsions correspondent 

a des positions d'impulsion de 1'amplitude maxi- 
mum dans les vecteurs dudit livre de codes de 
bruit blanc. 

20 5. Systeme de codage de la parole selon la reven- 
dication 2, caracterise en ce que les vecteurs des 
signaux residuels des impulsions correspondent 
a une position choisie prise parmi les positions 
d'impulsion predeterminees dans les vecteurs 

25 dudit livre de codes de bruit blanc et les positions 

d'impulsion de 1'amplitude maximum sont 
stockees dans un livre de codes prevu separe- 
ment. 



1. Systeme de codage de la parole du type CELP 30 
dans lequel un signal reproduit est genere a partir 
d'un vecteur de commande obtenu en appliquant 

une prediction lineaire a un vecteur de code d'un 
signal residuel de bruit blanc d'un livre de codes 
et a un vecteur de prediction par pas obtenu en 35 
appliquant une prediction lineaire a un signal re- 
siduel d'une sequence precedente don nee d'un 
retard corresponds nt a une frequence de pas, 
I'erreur entre le signal reproduit et un signal de 
parole d 'entree est evaluee, le vecteur de code 40 
donnant I'erreur la plus faible est trouve et le si- 
gnal de parole d'entree est code en consequen- 
ce, le systeme de codage de la parole etant ca- 
racterise en ce qu'en plus du vecteur de code et 
du vecteur de prediction par pas, on utilise un 45 
vecteur de signal residuel d'une impulsion pre- 
sentant une relation predeterminee avec les vec- 
teurs du livre de codes de bruit blanc, des gains 
variables sont appliques a au moins le vecteur de 
code et un vecteur d'impulsion obtenu en appli- so 
quant une prediction lineaire au vecteur du signal 
residuel de impulsion puis les vecteurs sont ad- 
ditionnes pour former un signal reproduit et le si- 
gnal reproduit est utilise pour identifier le signal 
de parole d'entree. 55 

2. Systeme de codage de la parole selon la reven- 
di cat ion 1 , caracterise en ce que les vecteurs de 



6. Systeme de codage de la parole selon la reven- 
dication 4, caracterise en ce que les vecteurs des 
signaux residuels des impulsions correspondent 
a une position choisie prise parmi lesdites posi- 
tions d'impulsion predeterminees dans les vec- 
teurs dudit livre de codes de bruit blanc et les po- 
sitions d'impulsion de I'amplitude maximum sont 
stockees dans un livre de codes prevu separe- 
ment. 

7. Systeme de codage de la parole selon la reven- 
dication 1 , caracterise en ce que le vecteur de si- 
gnal residuel de I'impulsion presentant une rela- 
tion predeterminee avec les vecteurs du livre de 
codes de bruit blanc est I'impulsion d'element 
principal dans les vecteurs du livre de codes de 
bruit blanc. 

8. Systeme de codage de la parole selon la reverv 
dication 1 , caracterise en ce que le vecteur de si- 
gnal residuel du bruit blanc et le vecteur du signal 
residuel de I'impulsion sont regies par un coeffi- 
cient predetermine derive d'un vecteur dudit si- 
gnal de la parole d'entree et d'un vecteur de pre- 
diction par pas obtenu en appliquant une predic- 
tion lineaire a un signal residuel d'une sequence 
precedente et en ce que I'erreur est evaluee. 

9. Systeme de codage de la parole selon la reven- 
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di cat ion 8, caracterise en ce que le vecteur de si- 
gnal residuel du bruit blanc et le vecteur du signal 
res id u el de I'impulsion sont ponderes par un 
coefficient predetermine derive a partir d'un vec- 
teur dudit signal de parole d'entree et d'un vec- s 
teur de prediction par pas obtenu en appliquant 
une prediction lineaire a un signal residuel d'une 
sequence precedente et en ce que I'erreur est 
evaluee. 

10 

1 0. Systeme de codage de la parole selon la reven- 
dication 9, caracterise en ce que le vecteur de si- 
gnal residuel du bruit blanc et le vecteur du signal 
residuel de I'impulsion sont additionnes selon un 
rapport conforme a une intensite d'une correla- 15 
tion par pas obtenue en appliquant une prediction 
lineaire au vecteur dudit signal de parole d'entree 
et au vecteur du signal residuel de la sequence 
precedente, en reproduisant ledit vecteur compo- 
site et en evaluant I'erreur entre le signal repro- 20 
duit resultant et le vecteur dudit signal de parole 
d'entree. 



cond circuit d'addition et pour identifier le signal 
de parole d'entree a partir du vecteur du signal re- 
produit. 

14. A p pa re i I de codage de la parole selon la reven- 
dication 13, caracterise en ce que ledit premier 
circuit d'addition est constitue par un premier ad- 
ditionneur qui additionne seulement les sorties 
provenant desdits circuits de prediction lineaire 
connectes audit circuit de retard de frequence par 
pas et audit premier livre de codes et par un se- 
cond additionneur qui additionne la sortie prove- 
nant du circuit de prediction lineaire connecte au- 
dit circuit de generation d'impulsion. 

15. Appareil de codage de la parole selon la reven- 
dication 13, caracterise en ce que ledit circuit de 
generation d'impulsion est pilote par un circuit de 
detection de position d'impulsion d'element prin- 
cipal qui recoit en tant qu'entree la sortie prove- 
nant dudit circuit de prediction lineaire connecte 
audit premier livre de codes. 



11. Systeme de codage de la parole selon la reven- 

di cat ion 10, caracterise en ce que ladite correla- 25 
tion par pas est fonction de Tangle. 

12. Systeme de codage de la parole selon la reven- 
dicatbn 1, caracterise en ce que le vecteur du si- 
gnal residuel de ladite impulsion est separe du 30 
vecteur du signal residuel du bruit blanc. 

1 3. Appareil de codage de la parole caracterise en ce 
qu'il est muni d'un circuit de retard de frequence 

par pas imprimant un retard correspondant a une 35 
frequence par pas a un vecteur d'un signal resi- 
duel precedent un premier livre de codes 
stockant une pluralite de vecteurs de signaux re- 
sidues de bruit blanc, un circuit de generation 
d'impulsion genera nt une impulsion presentant 40 
une relation predeterminee avecles vecteurs des 
signaux residuels du bruit blanc stockes dans le- 
dit premier livre de codes, des circuits de predic- 
tion lineaire connectes audit circuit de retard de 
frequence par pas, audit premier livre de codes 45 
et audit circuit de generation d'impulsion, un cir- 
cuit de gain variable pour imprimer un gain varia- 
ble aux vecteurs emis en sortie depuis lesdits cir- 
cuits de prediction lineaire connectes a au moins 
ledit premier livre de codes et audit circuit de ge- 50 
neration d'impulsion, un premier circuit d'addition 
pour additionner les sorties dudit circuit de gain 
variable et pour produire un vecteur composite re- 
prod u it, une unite d'entree de signal de parole 
d'entree, un second circuit d'addition pour addi- 55 
tionner ledit vecteur composite re prod u it et le 
vecteur dudit signal de parole d'entree et un cir- 
cuit d' evaluation pour evaluer la sortie dudit se- 



16. Appareil de codage de la parole selon la reven- 
dication 15, caracterise en ce que ledit circuit de 
detection de position d'impulsion d'element prin- 
cipal comporte une fonction d'extraction d'une 
position d'impulsion produisant I'erreur de phase 
la plus faible entre un vecteur de sortie provenant 
dudit circuit de prediction lineaire connecte audit 
premier livre de codes et un vecteur obtenu en 
appliquant une prediction lineaire a une impul- 
sion correspondant a des instants d'echantillon- 
nage de vecteurs de signal residuel stockes dans 
ledit premier livre de codes. 

17. Appareil de codage de la parole selon la reven- 
dication 13, caracterise en ce que ledit circuit de 
generation d'impulsion comprend un second livre 
de codes qui stocke une pluralite d'impulsions 
correspondant a la pluralite de vecteurs de signal 
residuel de bruit blanc stockes dans ledit premier 
livre de codes. 

18. Appareil de codage de la parole selon la reven- 
dication 17, caracterise en ce que ledit second li- 
vre de codes stocke les ordres qui indiquent les 
impulsions maximum dans les vecteurs de signal 
residuel du bruit blanc stockes dans ledit premier 
livre de codes. 

19. Appareil de codage de la parole selon la reven- 
dication 17, caracterise en ce que ledit circuit de 
generation d'impulsion comporte un circuit de se- 
paration d'impulsions qui separe lesdites impul- 
sions des vecteurs de signal residuel du bruit 
blanc stockes dans ledit premier livre de codes. 
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20. Appareil de codage de la parole selon la reven- 
dication 13, caracterise par la production, a partir 
des sorties dud it premier livre de codes et dudit 
circuit de generation d'impulsion, du vecteur re- 
prod uit par rintermediaire du circuit de prediction 5 
lineaire et du circuit de gain variable, un circuit de 
ponderation etant prevu pour commander ledit 
circuit de prediction lineaire et ledit circuit de gain 
variable et en ce que ledit circuit de ponderation 
est connecte a un circuit de calcul de correlation 10 
par pas qui recoit en tant qu'entree un vecteur de 
prediction par pas obtenu en appliquant une pre- 
diction lineaire a un vecteur d'un signal de parole 
d'entree et a un vecteur de signal residuel d'une 
sequence precedente. 15 
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